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DETAILED ACTION 

Priority 

1. This application is a continuation of U.S. Serial No. 10/141,506 filed May 8, 2002, 
(Attorney Docket Nos. 14364US01 and DN37998XGB), now U.S. Patent No. 6,850,510 
issued February 1 , 2005 , which is a continuation of U.S. Serial No. 09/037,535 filed 
March 10, 1998, now U.S. Patent No. 6,389,010 issued May 14, 2002, which is a 
continuation of U.S. Serial No. 08/539,817 filed October 5, 1995, now U.S. Patent No. 
5,726,984 issued March 10, 1998. 

Claim Rejections - 35 USC § 102 

2. The following is a quotation of the appropriate paragraphs of 35 U.S.C. 1 02 that 
form the basis for the rejections under this section made in this Office action: 

A person shall be entitled to a patent unless - 

(e) the invention was described in (1 ) an application for patent, published under section 1 22(b), by 
another filed in the United States before the invention by the applicant for patent or (2) a patent 
granted on an application for patent by another filed in the United States before the invention by the 
applicant for patent, except that an international application filed under the treaty defined in section 
351(a) shall have the effects for purposes of this subsection of an application filed in the United States 
only if the international application designated the United States and was published under Article 21(2) 
of such treaty in the English language. 

3. Claims 22, 25-28, 31 , 32, 34, 35, 38-41 , and 44-47 are rejected under 35 
U.S.C. 102(e) as being anticipated by Kennedy, III etal (U.S Patent No. 5,734,981). 

Regarding claim 22, Kennedy, III et al teach a device (18, FIG. 1) for 
communicatively coupling a packet network (16, FIG. 1) to at least one communication 
network (38, FIG. 1) having a different information format, the device comprising: 
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- a packet interface (160, FIG. 3) for exchanging information via file packet 
network (column 4, lines 56-61); 

- at least one network interface (170, 172, FIG. 3), each of the at least one 
network interface for exchanging information via an associated one of the at 
least one communication network in an associated format (column 11, lines 
52-56); 

- at least one converter (174, 176, FIG. 3) for selectively converting information 
received by the packet interface (call delivery information) for transmission 
via one of the at least one network interface in the associated format (column 
12, lines 38-42), and for selectively converting for transmission via the packet 
interface information received from the one of the at least one network 
interface in the associated format (column 12, lines 30-33); and 

- a controller (166, FIG. 3) for receiving call setup information (call delivery 
information) from one of the packet network (16, FIG. 1) and the at least one 
network interface (column 11, lines 33-35), the controller adapting the 
operation of the converter and establishing an association between the 
packet interface (160, FIG. 3) and one of the at least one network interface 
(170, FIG. 3), based upon the call setup information (column 11, lines 48-51, 
column 12, lines 50-54);. 

Regarding claim 25, Kennedy, III et al teach the device of claim 22 wherein the 
information exchanged via the packet interface comprises digitized voice information 
(column 9, lines 65-67, column 10, lines 1-4). 
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Regarding claim 26, Kennedy, III et al teach the device of claim 25 wherein at 
least a portion of the information exchanged via the packet interface is unrelated to the 
exchange of digitized voice information (column 10, lines 46-55). 

Regarding claim 27, Kennedy, III et al teach the device of claim 22 wherein the at 
least one network interface (170, FIG. 3) provides the functionality of a conventional 
telephone switching network interface (column 11, line 48). 

Regarding claim 28, Kennedy, III et al teach the device of claim 27 wherein the at 
least one network interface provides at least one of a battery supply, over-voltage 
protection, ringing current, tone generation, tone detection, two wire to four wire 
conversion, and test functionality (262, 264, 265, FIG. 6, column 13, lines 6-12). 

Regarding claim 31 , Kennedy, III et al teach the device of claim 27 wherein the at 
least one network interface is a digital interface (20, FIG. 1, column 7, lines 34-42, 
column 8, lines 6-9). 

Regarding claim 32, the device of claim 22 wherein the at least one network 
interface is a second packet interface (172, FIG. 3, column 11, lines 51-52). 

Regarding claim 34, Kennedy, III et al teach the device of claim 22 wherein the at 
least one converter adapts information received via the packet interface into analog 
modem signals (174, FIG. 3) for transmission via the at least one network interface 
(column 12, lines 39-45, 50-52), and adapts analog modem signals received via the at 
least one network interface into information for transmission via the packet interface 
(column 12, lines 55-61). 
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Regarding claim 35, Kennedy, III et al teach a method for communicatively 
coupling a packet network (16, FIG. 1) to at least one communication network (38, FIG. 
1) having a different information format, the method comprising: 

- receiving call setup information (call delivery information) from one of the 
packet network (16, FIG. 1) and the at least one communication network 
(column 3, lines 40-43); 

- establishing an association between the packet network (16, FIG. 1) and one 
of the at least one communication network (38, FIG. 1) based upon the call 
setup information (column 8, lines 4-9); 

- receiving information (i.e., service identifiers) from the packet network in a 
first information format (column 3, lines 43-54); 

- converting the received information (i.e., service identifiers) from the first 
information format (database time-stamped call delivery information 
reports) to a second information format (call back message) based upon the 
call setup information (column 6, lines 59-67, column 7, lines 1-5); 

- sending the converted information (call back message) via the one of the at 
least one communication network (column 7, lines 51-57); 

- accepting information (i.e., calls, modem/DTMF decoded inputs) from the 
one of the at least one communication network (38, 41, FIG. 1) in the second 
information format (column 12, lines 36-42); 

- transforming the accepted information (i.e., calls, modem/DTMF decoded 
inputs) from the second information format (call back message) to the first 
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information format (call delivery information) based upon the call setup 
information (column 12, lines 46-50); and 
- transmitting the transformed information (call back message) via the packet 

network (column 12, lines 57-61). 
Regarding claim 38, Kennedy, III et al teach the method of claim 35 wherein the 
information exchanged via the packet network comprises digitized voice information 
(column 9, lines 65-67, column 10, lines 1-4). 

Regarding claim 39, Kennedy, III et al teach the method of claim 35 wherein the 
information exchanged via the packet network comprises data (column 10, lines 39- 
44). 

Regarding claim 40, Kennedy, III et al teach the method of claim 39 wherein at 
least a portion of the data is unrelated to the exchange of digitized voice information 
(column 10, lines 46-55). 

Regarding claim 41 , Kennedy, III et al teach the method of claim 35 wherein the 
at least one communication network is a second packet network (172, FIG. 3, column 
11, lines 51-52). 

Regarding claim 44, Kennedy, III et al teach the method of claim 35 wherein the 
at least one communication network comprises a conventional telephone switching 
network (38, FIG. 1, column 6, lines 7-10). 

Regarding claim 45, Kennedy, III et al teach the method of claim 44 wherein the 
second information format is an analog format (column 12, lines 55-56; PSTN 38 can 
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include traditional landline telephone adapted to making analog phone calls - column 6, 
lines 8-9). 

Regarding claim 46, Kennedy, III et al teach the method of claim 44 wherein one 
of the second information format is a modem signal (column 12, lines 39-42). 

Regarding claim 47, Kennedy, III et al teach the method of claim 44 wherein the 
second information format is a digital format (column 6, lines 15-18; caller 40 can 
make calls from network 41, which can be a personal communication service (PCS) 
network supporting digital format). 

Claim Rejections - 35 USC § 103 

4. The following is a quotation of 35 U.S.C. 1 03(a) which forms the basis for all 
obviousness rejections set forth in this Office action: 

(a) A patent may not be obtained though the invention is not identically disclosed or described as set 
forth in section 102 of this title, if the differences between the subject matter sought to be patented and 
the prior art are such that the subject matter as a whole would have been obvious at the time the 
invention was made to a person having ordinary skill in the art to which said subject matter pertains. 
Patentability shall not be negatived by the manner in which the invention was made. 

5. Claims 23, 24, 29, 33, 36, 37, 42, 43, 48, and 49 are rejected under 35 U.S.C. 
103(a) as being unpatentable over Kennedy, III et al (U.S Patent No. 5,734,981) in view 
of Henley et al (U.S Patent No. 5,526,353). 

Regarding claims 23-24, 36-37 and 42-43, Kennedy, III et al teach the device of 
claims 22, 35, and 41, respectively. However, Kennedy, III et al fail to explicitly teach 
the packet interface is compliant with an Internet protocol (IP) and the Internet Protocol 
(IP) further comprises the transmission control protocol (TCP)/lnternet protocol (IP). 
Henley et al disclose a system and method for communication of audio data over a 
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packet-based network. The teaching recite Transmission Control Protocol/Internet 
Protocol (TCP/IP) is one of the supported network and transport protocols (column 4, 
lines 6-7). Therefore, it would have been obvious to one with ordinary skill in the art at 
the time of the invention was made to modify the teaching of Kennedy, III et al make the 
packet interface compliant with IP and to include TCP/IP as a transport protocol in the 
call delivery system as taught by Henley et al. One is motivated as such to employ error 
and flow control in order to realize significant loss of throughput in packet 
retransmissions (column 4, lines 7-14). 

Regarding claims 29 and 48, Kennedy, III et al teach the device of claims 27 and 
35. Kennedy, III et al however, fail to teach the at least one converter converts digitized 
voice information into an analog voice signal, and an analog voice signal into digitized 
voice information. Henley et al teach a system and method for communication of audio 
data over a packet-based network. The system according to the embodiment consist of 
a decompression/analog conversion circuit for converting a stream of digital audio data 
to analog audio signal (column 7, lines 27-31) and a digital compression circuit for 
converting analog audio signal into a stream of digital audio data (column 7, lines 19- 
21). Therefore, it would have been obvious to one with ordinary skill in the art at the 
time of the invention was made to modify the teaching of Kennedy, III et al to have the 
at least one converter enabled the conversions of digitized voice information into an 
analog voice signal, and an analog voice signal into digitized voice information as taught 
by Henley et al. One is motivated as such to compensate for jitter in a computer network 



Application/Control Number: 10/783,572 Page 9 

Art Unit: 2619 

in order to provide high fidelity transmission of audio data through the network (column 
4, lines 66-67). 

Regarding claim 33, Kennedy, III et al teach the device of claim 22. However, 
Kennedy, III et al fail to teach the at least one converter compensates for a difference in 
bit rate between interfaces. Henley et al teach a system and method for communication 
of audio data over a packet-based network. The system according to the embodiment 
consists of a decimation circuit adapted to detect when the buffer is too long and adjusts 
the buffer toward its predetermined length. This happens when the clock of a 
coder/decoder (CODEC) triggers too slowly or if the audio data are transmitted at an 
excessive rate through the LAN, thus data are read from the buffer slower than they are 
written to the buffer (column 5, lines 65-67, column 6, lines 1-8). Therefore, it would 
have been obvious to one with ordinary skill in the art at the time of the invention was 
made to modify the teaching of Kennedy, III et al to have the at least one converter 
enabled the conversions of digitized voice information into an analog voice signal, and 
an analog voice signal into digitized voice information as taught by Henley et al. One is 
motivated as such to ensure the buffer stays close to it predetermined length for 
efficient realignment of audio data in the buffer (column 6, lines 11-14). 

Regarding claim 49, Kennedy, III et al teach the method of claim 35. Kennedy, III 
et al fail to explicitly teach the transforming comprises converting an analog voice signal 
into digitized voice information. Henley et al teach a system and method for 
communication of audio data over a packet-based network. The system according to 
the embodiment consists of a digital compression circuit for converting analog audio 
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signal into a stream of digital audio data (column 7, lines 19-21). Therefore, it would 
have been obvious to one with ordinary skill in the art at the time of the invention was 
made to modify the teaching of Kennedy, III et al to have the transformation of an 
analog voice signal to digitized voice information as taught by Henley et al. One is 
motivated as such to compensate for jitter in a computer network in order to provide 
high fidelity transmission of audio data through the network (column 4, lines 66-67). 
6. Claim 30 is rejected under 35 U.S.C. 103(a) as being unpatentable over 
Kennedy, III et al (U.S Patent No. 5,734,981) in view of Henley et al (U.S Patent No. 
5,526,353), and further in view of Sharman (U.S Patent No. 5,774,854). 

Regarding claim 30, Kennedy, III et al and Henley et al teach the device of claim 
29. Kennedy, III et al and Henley et al, however, fail to teach the at least one converter 
buffers digitized voice information for a period of time to minimize gaps in an analog 
voice signal. Sharman teaches a text to speech system operating in real using an 
acoustic processor and a linguistic processor. Due to the computational time the 
linguistic processor requires to process data, future requests from the acoustic 
processor cannot be made. Thus gaps in the speech output often occur when the 
acoustic processor requests data from the linguistic processor. Sharman proposes a 
solution to overcome the gaps in data by adjusting the buffer for minimal of output data 
so that future requests can be supplied in a timely manner (column 7, lines 39-48). 
Hence the propagation delay caused by the linguistic processor is a factor affecting the 
adjustment in the buffer for desired optimal output. Therefore, it would have been 
obvious to one with ordinary skill in the art at the time of the invention was made to 
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modify the teachings of Kennedy, III et al and Henley et al to have the at least one 
converter buffered digitized voice information for a predefined period of time in order to 
minimize gaps in the analog voice signal as taught by Sharman. One is motivated as 
such to accurately halt the system based on the output in the event that an interruption 
occurs (abstract, column 2, lines 34-39). 

7. Claim 50 is rejected under 35 U.S.C. 103(a) as being unpatentable over 
Kennedy, III et al (U.S Patent No. 5,734,981 ) in view of Sharman (U.S Patent No. 
5,774,854). 

Regarding claim 50, Kennedy, III et al teach the method of claim 35. Kennedy, III 
et al however, fail to teach the converting comprises buffering of digitized voice 
information for a period of time to minimize gaps in an analog voice signal. Sharman 
teaches a text to speech system operating in real using an acoustic processor and a 
linguistic processor. Due to the computational time the linguistic processor requires to 
process data, future requests from the acoustic processor cannot be made. Thus gaps 
in the speech output often occur when the acoustic processor requests data from the 
linguistic processor. Sharman proposes a solution to overcome the gaps in data by 
adjusting the buffer for minimal of output data so that future requests can be supplied in 
a timely manner (column 7, lines 39-48). Hence the propagation delay caused by the 
linguistic processor is a factor affecting the adjustment in the buffer for desired optimal 
output. Therefore, it would have been obvious to one with ordinary skill in the art at the 
time of the invention was made to modify the teaching of Kennedy, III et al to have the 
converting comprised buffering of digitized voice information for a period of time to 
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minimize gaps in an analog voice signal as taught by Sharman. One is motivated as 
such to accurately halt the system based on the output in the event that an interruption 
occurs (abstract, column 2, lines 34-39). 

Conclusion 

8. Any response to this Office Action should be faxed to (571 ) 273-8300 or mailed 
to: 

Commissioner for Patents, 

P.O. Box 1450 

Alexandria, VA 22313-1450 

Hand-Delivered responses should be brought to 

Customer Service Window 
Randolph Building 
401 Dulany Street 
Alexandria, VA 22314 

Any inquiry concerning this communication or earlier communications from the 
examiner should be directed to Khuong Tran, whose telephone number is (571) 270- 
3522. The examiner can normally be reached Mon-Fri from 7:30AM - 5:00PM. 

If attempts to reach the examiner by telephone are unsuccessful, the examiner's 
supervisor, Chirag G. Shah, can be reached at (571) 272-3144. The fax phone number 
for the organization where this application or proceeding is assigned is 703-872-9306. 

Information regarding the status of an application may be obtained from the 
Patent Application Information Retrieval (PAIR) system. Status information for published 
application may be obtained from either Private PAIR or Public PAIR. Status information 
for unpublished application is available through Private PAIR only. For more information 
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about the PAIR system, see http://pair-direct.uspto.gov. Should you have question on 
access to the Private PAIR system, contact the Electronic Business Center (EBC) at 
866-217-9197 (toll-free). 
IK. 1.1 

March 26, 2008 
/Chirag G Shah/ 

Supervisory Patent Examiner, Art Unit 2619 



